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Description 

Field of the Invention 

i00011 This invention relates generally to a telecom- 
munications network system, and more particularly to a 
system which automatically measures stores, and 
transmits data characterizing a terminal dev.ce and its 
acoustic environment in a telecommunicates network. 



Background of the Invention 

r00021 Voice-enabled network services are becoming 
Increasingly commercially important. Such network 
services often employ or rely upon speech recognition 
techniques. Speech recognition is a process bywrnch 
an unknown speech utterance (usually in the form of a 
digital PCM signal) is transcribed into words or pho- 
nemes. Generally, speech recognition is performed by 
comparing the features of an unknown utterance to the 
features of known words or word strings. 
,00031 The features of known words or word strings 
are determined with a process known as "training . 
Through training, one or more samples of known words 
or strings (training speech) are examined and their fea- 
tures (or characteristics) recorded as reference patterns 
(or recognition models) in a database of a speech rec- 
ognizer Typically, each recognition model represents a 
single known word. However, recognition models may 
represent speech of other lengths such as subwords (e. 
q phones, which are the acoustic manifestation of lin- 
guistically-based phonemes). Recognition models may 
be thought of as building blocks for words and str.ngs of 
words such as phrases or sentences. 
r00041 To recognize an utterance in a process known 
as "testing", a speech recognizer extracts features from 
the utterance to characterize it. The features of the un- 
known utterance are referred to as a test pattern. The 
recognizer then compares combinations of one or more 
recognition models in the database to the test pattern of 
the unknown utterance. A scoring technique is used to 
provide a relative measure of how well each combina- 
tion of recognition models matches the test pattern. The 
unknown utterance is recognized as the words associ- 
ated with the combination of one or more recognit.on 
models that most closely matches the unknown utter- 

einCG 

roOOBl Hidden Markov model (HMM) recognizers are 
a class of recognizers trained using both first and sec- 
ond order statistics (i.e. , spectral means and variances) 
of known speech samples. Each recognition mode .n 
this type of recognizer is an N-state statistical model (an 
HMM) which reflects these statistics. Each state of an 
HMM corresponds in some sense to the statist.cs asso- 
ciated with the temporal events of samples of a known 
word or subword. An HMM is characterized by a state 
transition matrix, A (which provides a statistical I descr.p- 
tion of how new states may be reached from old stales), 



and an observation probability matrix, B (which provides 
a description of which spectral features are likely to be 
observed in a given state). Scoring a test pattern reflects 
the probability of the occurrence of the sequence of fea- 
5 tures of trie test pattern given a particular model. Scoring 
across all models may be provided by efficient dynamic 
programming techniques, such as Viterbi scoring. The 
HMM or sequence thereof which indicates the h.ghest 
probability of the sequence of features in the test pattern 
w occurring identifies the test pattern. 

ro0061 While the testing and/or tram.ng utterances 
can come from various types of acoustic environments, 
each acoustic environment (e.g., an age, a sex, a mi- 
crophone type, a room configuration, etc.) produces d.s- 
tfi tortion and acoustic artifacts which are characteristic of 
me acoustic environment. Generally, a speed- . signal 
transmitted through a telephone (or other type of) chan- 
nel often encounters unknown variable condit.ons wh.ch 
significantly degrade the performance of HMM-based 
20 speech recognition systems. Undesirable components 
are added to the communicative portion of the s.gna 
due to ambient noise and channel interference, as well 
as from different sound pick-up equipment and art.cula- 
tory effects. Ambient noise is considered to be additive 
25 to a speech signal, while channel interference is consid- 
ered to be convolutional to the speech signal. The spec- 
trum of a real noise signal, such as that produced from 
fans and motors, is generally not flat and can degrade 
speech recognition system performance. Channel mter- 
30 ferer.ce. which can be linear or non-linear, can also de- 
grade speech recognition performance. A typical con- 
ventional telephone channel effectively band-pass fil- 
ters a transmrtted signal between 200 Hz and 3200 Hz 
with variable attenuations across the different spectral 
35 bands. The use of different microphones, in different en- 
vironmental conditions, for different speakers from dif- 
ferent geographic regions, with different accents, 
speaking different dialects can create an acoust.c mis- 
match between the speech signals encountered in test- 
40 ing and the recognition models trained from other 

roOOTll ^Specifically, it should be noted that the transfer 
function of the terminal device is one of the major sourc- 
es of channel mismatch, and the predominant one in a 
45 fully digital communication network. In many cases, 
however, background noise around the terminal dev.ce 
is the dominant source of speech recognition errors. 
This is especially true for public telephones and tele- 
phones located in industrial environments. 
so fooOS] A major hurdle in the successful deployment 
of voice-enabled telephone services based on automat- 
ic speech recognition (ASR) is the inability of the tech- 
nology to successfully cope with varying transm.ssion- 
channel and terminal-device characteristics, far-end en- 
55 vironmental noise conditions, and the speech charac- 
teristics of the local population such as language ac- 
cents If these characteristics are unknown to (i.e.. un- 
modeled by) a speech recognizer, performance of the 
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speech recognizerdegrades dramatically. Acoustic mis- 
match between training and testing conditions can also 
result in a significant performance degradation of the 
speech recognizer. 

[0009] Various strategies have been proposed for in- 
creasing the robustness of automatic speech recogni- 
-on systems in order to reduce the mismatch between 
raining and testing conditions. Various blind deconvo- 
lution and bias removal schemes (e.g., cepstra. mean 
normalization) have been developed in an attempt to ad- 
dress this problem of mismatch at the utterance or word 
level, but further improvements and enhancements are 
still necessary. 

[0010] Because varying far-end environmental noise 
conditions and transmission channel and terminal de- 
vice characteristics cause particular associated distor- 
tion and acoustic artifacts, if the nature and source of 
he distortion and acoustic artifacts can be determined 
then such distortion and acoustic artifacts can be can- 
celed. By determining dala characterizing the nature 
and source of distortion and acoustic artifacts in a 
speech signal processed in a telecommunications net- 
work, the distortion and acoustic artifacts can be re- 
moved from the speech signal. This capability would en- 
hance the quality of the speech transmitted and re- 
ceived in the telecommunications network. 

Summary of the Invention 



customization through device, channel, and/or popula- 
tion-specific modeling and adaptation 

EnwL? ther f8atUreS and advanta 9es of the inven- 
tion will become apparent from the following detailed de- 
scr.pt.on, taken in conjunction with the accompanying 
drawmgs, which illustrate, by way of example, the L 
tures of the invention. 
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[0011] The present invention advances the state of 
the art d.rected to solving the aforementioned problems 
by prov.d.ng a system for use in a telecommunications 
network which automatically measures, stores and 
transmits to a network service data which characterize 
a terminal device, the acoustic environment of the ter- 
minal device, and users of the terminal device 
[0012] In a first illustrative embodiment of the inven- 
tion, the system includes a terminal device which meas- 
ures and stores a first set of data indicating its own phys- 
ical characteristics and that of its local acoustic environ- 
ment and transmits the first set of data to a network serv- 
ice for applications such as speech recognition, speech 
quahty ^improvement, etc. A precomputed second set of 
data characterizing the speech of a local population is 
optionally stored in the terminal device and can be trans- 
muted to the network service. When a call is made from 
the terminal device to a switch, the first set of data de- 
scribing the transfer characteristic of the terminal device 
and the noise characteristics of the ambient acoustic en- 
v.ronment and the second set of data describing the 
speech characteristics of a local population are trans- 
ferred from the switch to the network service. 
[001 3] In a second illustrative embodiment of the in- 
vention, the sets of data are also stored in a network 
database accessible to network adjuncts such as 
speech recognizers and voice quality improvement de- 
vices. The sets of data stored in the network database 
are tagged by the telephone number (or AMI) for service 
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Brief Description of the Drawing 
[0015] In the drawing: 

FIG. 1 is a schematic representation of a system in 
accordance with a first embodiment of the inven- 

tion; 

FIG. 2 is a schematic representation of a system in 
accordance with a second embodiment of the in- 

vention; 

FIG. 3 is a process flow diagram for describing up- 
dating data stored in a terminal device which char- 
acterizes the transfer function of the terminal de- 

vice; 

FIG. 4 is a process flow diagram for describing up- 
dating data stored in a terminal device which char- 
acterizes the acoustic environment of the terminal 

device; 

FIG. 5 is a process flow diagram for describing op- 
eration of a system in response to a call in accord- 
ance with the principles of the invention and 
FIG. 6 ,s a process flow diagram for describing op- 
eration of a system in response to a call in accord- 
ance with the principles of the invention 



Detailed Description of the Invention 



S?h 3 ""^standing of the invention, to- 

gether with other and further objects, advantages, and 
capab.ht.es thereof, reference is made to the following 

40 fe C n° SU H fi9UreS ° f ,he draWin 9' Where '«» re' 

T ar f CterS dGSi9nate ,ike or similar elemento. 
For c, arity of explanation, the illustrative embodiments 
of the present invention are presented as comprising in- 
d.v,dual functional blocks. The functions these btocks 

45 S H 7 bS Pr ° Vided ,hr ° U9h ,he use of 

toZT d ' Cated hardW8re ' inClUdin 9' bu ' ™ limited 
to, hardware capable of executing software. For exam- 
ple, the functions of the blocks presented in FIGS 1 and 
2 may be provided by a single shared processor lllus- 

- eslor 6 ^7ZT ^ ^ Pr- 

essor (DSP) hardware, read-only memory (ROM) for 

storing software performing the operations discussed 

below, and random-access memory (RAM) for storing 

DSP results. Very large scale integration (VLSI) hard 

ware embodiments, as well as custom VLSI circuitry (an 

application specific integrated circuit, ASIC) in combina- 

pTo n vided. a 9en6ral PUrP ° Se ° SP drCUit TOy a ' SO be 
[0017] A system for use in a telecommunications net- 
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work is shown and described in the drawing figures for 
purposes of illustration. The system automatical y 
measures terminal device characteristics and back 
ground acoustic environmental conditions to enable use 
of that information by a voice-enabled network service, 
fuch as a speech recognizer. Knowledge of the dev.ce 
and background characteristics helps to alleviate the ef- 
fete of the acoustic mismatch between training and 
testing conditions, thereby obtaining improved speech 
recognition performance. Data characterizing the 
speech decern of a loca. population are used to adapt 
STeystem to the .coal poputetion. Additionally a net- 
work database optionally stores the data cnaiactenzng 
the terminal device and the background env ronment 
and the data characterizing the speech accent, tagged 
by the telephone number of the terminal device, to aid, 
Z example, long-term adaptation and model improve- 
rs] A system deployed in a telecommunications 
network in accordance with a first embod.men. o the 
invention is shown in FIG. 1. The te.ecommumcations 
network can be embodied within, for sample a plain 
old telephone service (POTS) network or a network of 
computers such as the Internet or the World Wide Web. 
ReferrIngtoRQ.l,the^r^incl^at.le^n*- 
work switch 10, a terminal device 1 2 coupled to the tel 
ephone network switch 10 by wireline or wireless con- 
nection, and a speech recognizer 14 (deployed, for ex- 
ample as or within the voice-enabled network service 
coupTed to the telephone network swrtch 1 0 to transm. 
and r^eive data to and from the telephone , ne^ojk 
switch 10. By way of example, the terminal device 12 
SI be a telephone, a portable cellular telephone, an 
automobile telephone, a voice-enabled laptop or palrn- 
top computer, a personal digital assistant (PDA) with a 
wEetese modem, a TDMA or CDMA transceiver, or oth- 
er perhaps larger, voice communicating devices. The 
terminal device 12 may be deployed for 
residence, in a business, as a public telephone or as a 
cellular telephone. In this specific embodjmen the ter- 
minal device 12 includes a telephone handset 16 which 

includes a microphone, a measurement P™ es ^ 18 
coupled to the handset 1 6 which measures microphone 

environmental noise characteristics and optionaHy 
speaker characteristics, a data storage device 20 such 
as a random-access memo, coupled to the measure- 
ment processor 1 B which stores such data, and preload- 
ed accent (eatures 22 reflecting a local regional accent 
stored in a data storage device such as a read-only 

^9]^ The system depicted in FIG. 1 automatically 
measures, stores, and transmits data characterizing the 
terminal device 1 2, users of the terminal device 12, and 
tne ambient acoustic environment of the terminal device 
1 2 to a voice-enabled network service (e.g., the speech 
recognizer 1 4) deployed in the telecommunications net- 
work The terminal device 1 2 measures and 'stores the 
transfer characteristic of the microphone and the ambi- 



ent noise of the local environment. The system makes 
the transfer characteristic of the microphone and the 
background noise (or characteristics thereof) ava.laWe 
?o the networkservice at the time o. the call c«nec1jon. 
s This information can also be made available to the net 
work at any time as part of an established protocol. The 
Istem may optionally update the transfer characteristic 
o he microphone and/or the ambient noise present in 
the local environment. Additionally, the system opton- 
10 aly is able to modify the precomputed speech charac- 
ics 22 of the local population stored in the terminal 
device 1 2 (or optionally in the network speech recogniz- 
er 14) Examples of features provided or employed by 
le network service include speech recogn.t.on and 
is speech quality improvement. 

[00201 FIG. 2 illustrates a second embodiment of the 
system deployed in a telecommunications network ac- 
co^ng to the invention, which introduces a network da- 
tabase as an additional system component. Referring 
20 to FIG 2 the system includes a telephone network 
switoh 10 A terminal device 12 is coupled to the tele- 
phone network switch 10 by a wireline or w.re.ess con- 
nection A voice-enabled network serv.ee such as for 
example, a speech recognizer 14 is communicatively 
2 s cou^ed to the telephone network switch 10 When acaN 
is made from the terminal device 12 in order to use the 
network service, the call is routed to the telephone net- 
work switch 10 while the data measured by and stored 
within the terminal device 12 is 
30 phone network switch 10 Upon connection of the caM 
to the network switch 10. the switch 10 accesses the 
ne tworltrvice (i.e., speech recognizer 14) witt the da- 
ta A network database ("DB") 26 is coupled to the tel- 
ephone network switch 1 0 and to the speech recogn.ze 
35 TXe networkdatabase 26 receives the data and AN 
(or other indicia of the telephone number °^^ ,na j 
device 1 2) from the telephone network sw ten 1 0 or he 
speech recognizer 14, and stores such data < associated 
with the ANI to be accessible to a network ad unci 28, 
4 o s^ch as a speech recognizer or voice quality improve- 
ment device, and other network components. 
So21] The terminal device 1 2 initiates the call wh.ch 
s routed to the telephone network switch 10 In re- 
sponse to the call and determining from the telephone 
as number dialed or another event or condition indicat ng 
"haTthe speech recognizer 14 will be used n the 
processing of the call, the telephone network switch 10 
fi transfers the data and ANI to the speech recognizer 
14 and (i.) transfers the ANI and the data corresponding 
so to the ANI to the network database 26. 

10022] The speech recognizer 1 4 processes the data 
received from the telephone network switch 10 respon- 
se To the call being routed to the telephone network 
sw'ch 10. The speech recognizer 14 is ab,e to access 
55 the network database 26 to enhance processing of the 
cSa If the data received from the telephone network 
Stch 1o!s deemed unreliable, or i, data expected by 
the speech recognizer 14 is non-existent, then the 
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cEA ^iT 2er U 030 ' aUnch a whi <* in- 

cludes an ANI corresponding to the terminal device 12 

to the network database 26 to recover substitute or ad- 
ditional data usable in speech recognition 
[0023] Referring to FIG. 2, the first set of measured 
data stored in the data storage memory 20 and the sec- 
ond set of preloaded data 22 are also stored in the net- 
work database 26 so that such data are accessible to 
the network adjunct 28. These data are useful for im- 
proving the quality of the network service provided to 
existing telephones that are not equipped with the hard- 
ware taught herein. The network database 26 according 
tothe second embodiment of the invention will be helpful 
for arge-scale statistical modeling of device and chan- 
nel types, speaker populations, and environmental con- 
oitions. 

[0024] If the microphone characteristics stored in data 
storage memory 20 of terminal device 12 change over 
time, the measurement processor 1 8 controls an in-ter- 
m.nal measurement circuilry to play a short pulse and/ 
or a whrte noise signal into the microphone of the hand- 
set 16 and measures the microphone's response to 
compute the microphone's characteristic transfer func- 
tion. The measurement processor 18 performs this up- 
date automatically after a prescribed time period A low- 
er update rate can be selected if the microphone char- 
acteristics do not change over time rapidly. 
[0025] Samples of the acoustic environmental condi- 

dom r ,k ^ 31 ' reqUent in,ervals ' re 9 ular or ran- 
dom, by the measurement processor 18, when the de- 

nll S T b ! in9 US6d by 3 CUStomer ' to determine the 
no.se characteristics (or noise itself) which are stored in 
the terminal device 12. Additional signal processing cir- 

< Z lnSta " ed l ° C ° mpUte the statis < ica ' charac- 
ter.et.cs of the noise signal, which can also be stored in 
the memory 20. 

[0026] The features 22 of a spoken accent of a local 
population are preloaded into the terminal device 12 at 
the time of installation. The particular features 22 vary 
depending on the specific geographical region. The in 
itial I off-line accent information is derived from the tran- 
scribed (i.e., recognized) speech of the local population 
known phonetica. content of the speech). Updating of 
he characteristics is performed by the terminal device 
12, and can be optionally updated with data from the 
speech recognizer 14. Adaptation of the accent param- 
eters is performed mainly from the confirmed speech 
con.en.. For example, when a system user speaks an 
account number and later confirms it. 
[0027] The measurement processor 18 has signal 
processing capabilities to extract device and noise char- 

morilTS^ f amP ' 6 ' * 080 bul,d 3 hidden Markov 

^ TH ^ ° f n ° iSe ' ° r » C3n S, ° re ,he raw sig- 
naL The HMM or the noise signal is then made available 

tothe speech recognizer 14 which will build correspond- 

ITftH 8 a T° r adapt th6 SXiStin 9 models - Transmis- 
s.on of this information to the speech recognizer 14 is 
earned out based on a standard protocol, for example 



durmg the time when a call is being set-up along with 
he standard scaling. Updates can be transmittedfrom 
the network speech recognizer 14 back to the terminal 
device 1 2 to adjust data stored therein 

5 fn?K 8] 7 hedeViCeandback9roundinform a"°n stored 
n the network database 26 is tagged with the AMI (or 
telephone number) corresponding to the terminal device 
^. If during a speech recognition process any of the 

10 TfTH ° r d6Sired d3ta describ '"9 the terminal de- 
vice, background noise, or user is unavailable from the 
term.nal device 12 or deemed unreliable by the speech 
recognizer 14, then substitute device, background or 
user characteristics can be obtained as appropriate 
from the network database 26 using the incoming tete 
phone number as a key. Such information enables (sta- 
tistical cluster) categorization based on geography i e 
corresponding to area code), device types, and back- 
ground types and facilitates long-term adaptation 
[0029] A process flow diagram for describing meas- 
uremenl and storage of microphone characteristics by 
a system deployed in a telecommunications network in 
accordance with the principles of the invention is shown 
n FIG. 3. According to the process depicted in FIG 3 
the system determines if it is time to update the micro- 
phone characteristics in step 30. If no, then the step is 
repeated. If yes, the microphone characteristics are 
me asured by the measurement processor in step 32 
Then the measurement processor updates the informa- 

[0030] A process flow diagram for describing meas- 
ZTr 1 and 'I 0 ' 398 ° f d3ta chara <^rizing the acoustic 
ZZTZ ° f ^ end " device b y the system in accord- 
ance wrth the pnnciples of the invention is shown in FIG 

35 ttm hT 1 " 9 10 PrOC6SS d8picted in F,G - 4. the sys- 
tem determines ,f it is time to update the noise charac- 
ter.st.es ,n step 36. If no, the step is repeated. If yes the 
noise characteristics of the acoustic environment are 
measured by the measurement processor in step 38 

40 I Z T , informa,ion is sto 'ed in the local memory 
>n the terminal device in step 40. Then, in step 42 the 

system determines whether the option for computing 
ncse s , atjstjcs nas been se|ec(ed |f po "9 

peats the step. If yes , statistics and models of the noise 
are computed by the system in step 44 
45 [0031] A process flow diagram for describing a se- 
quence of actions performed by the system according 
to the pnncples of the invention during a call to a voice 
enabled network service (hat accommodates unknown 
so ' ar ; end ™ r °P h °"e and noise conditions is shown in 

R ?h k ? 9 t0 F ' G 5 " me SyStem ^^ines if a 
call has been placed in step 46. If no, the step is repeat- 
• eo\ If y es , then the system determines whether the call 
is being set up in step 48. 

[0032] If the system determines in step 48 that the call 
is being set up, then information characterizing the 
ransf er function of the microphone, information charac- 
tering the measured ambient noise, and AMI (or other 
.nformat,on representing the origin of the call) are trans- 
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mitted to the network speech recognizer in step 50. 
Zen these data are used by the network speech rec- 
over in step 52 to perform microphone-specific and 
Se-spectc selection and/or adaptation of the recog- 
nit on models. The system then updates the speech rec- 
ognTzeTand/or the voice quality enhancement dev^ n 
step 54 Steps 50-54 can be performed wh.le the cal I is 
bel set up c a ,,setupcan include, by way o example^ 
a transfer of voice data, signaling, and transferring the 
as^ocfatedAN I , the telephone number being ca.led and 

^r^er'the system determines in step 48 that the 
SS?no tanger being set-up, the system determines ,n 
step 56 wheLr user voice input has been rece^lf 
no the system repeats the step. If yes, speech recog- 
nition and/or voice quality enhancement are perfomjed 
ov The network service in step 58. The system updates 
the network database in step 60 based on the networK 
service performed. In step 62, the system updates he 
focal noL and/or accent characterist.cs stored in the 
lermina, devL based on the results of speech recogm- 
tion and/or voice quality enhancement. 
r00341 A process flow diagram for describing the sys 
^ adapting to the dialectal characteristics of a oca 
egiona. po P u.ation in accordance with the pnncip es of 
he invention is depicted in FIG. 6. Refernng to FIG. 6 
he system determines whether a call has been placed 
n step 64. If no, the step is repeated. If yes, the system 
defines whether the call is being set up in step 66. 
Ca» se UP can include, for example, standard signaling, 
Sansfer of AN I and the telephone number be.ng called 
anStrans er of voice data. If the system determ.nes ,n 
Sep S L the call is being set up, the AN. associated 
with the call (or other information associated wrth the 
call) to transmitted to the speech recogn.zer in step 6a 
The speech recognizer performs a database look-up by 
luer^g the network database or a database assoc.a^ 
ed with the speech recognizer to access region -spec -c 
recognition models corresponding to the local popute- 
tTon in steo 70 The speech recognizer is updated in step 
72 based on the results of the query to more closely re- 
Set the speech of the local population. The system can 
pSl sLps 6B-72 while the call no 
rno351 After the system determines that the call is no 
K betng set-up in step 66, the system determines 
whether user voice input has been received in step 7* 
TZ the step is repeated. U yes, the speech recogn.zer 
' e'orms speech recognition and/or adaptation o the 
recognition model parameters in step 76. Updates are 
optionally transferred to the local device ,n step 78. The 
network database is updated in step 80. 
KJ036] Since the problem of acoustic mismatch at 
tects such a wide range of speech processing techno^ 
ooy and applications, the invention is also applicable to 
Speaker verification, speaker recognition, topic/word 
o^ttinn and language identification. 

Whlll several particular forms of the invention 
have been illustrated and described, ,t w.ll also be ap- 



parent that-various modifications can be made without 
departing from the spirit and scope of the invents. 
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1. A method for use in a telecommunications network, 
comprising the steps of: 

determining a first set of data characterizing a 
terminal device and an acoustic environment in 
response to a call; 

connecting the call to a switch and transmitting 
the first set of data to the switch; and 
accessing a network service with the first set of 
data. 

2 A method as defined in claim 1, wherein: 

the accessing step comprises the step of pro- 
viding the first set of data to a speech recognizer. 

3 A method as defined in claim 1 , wherein: 

the accessing step comprises the step of pro- 
viding the first set of data to a voice quality enhance- 

ment device. 

4 A method as defined in claim 1, wherein: 

the determining step comprises the step of 
measuring the transfer characteristic of a micro- 
phone in the terminal device. 

A method as defined in claim 1, wherein^ 

the determining step compr.ses the step of 
measuring ambient noise affecting the terminal de- 

vice. 

6. A method as defined in claim 5, further comprising 
the Tan1ferringameasurementofthenoiseto^ 
network service upon connecting the call to the 

switch. 

7 . A method as defined in claim 1 , further comprising 

** ^g in the terminal device a second set of 
data characterizing a spoken accent of a local pop- 

ulation. 

8. A method as defined in claim 1 , further comprising 

50 St :^g in the terminal device a second set of 

data characterizing a dialect of a local population. 

9. A method as defined in claim 7, further comprising 

55 ^erring the second set of data to the net- 

work service upon connecting the call to the switch. 
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10. A method as defined in claim 1 , further comprising 
the step of: y 

storing the first set of data in a network data- 
base. 

11. A method as defined in claim 10, wherein: 

the network database is accessible to a query 
from a network adjunct. 

12. A method as defined in claim 11, wherein; 

the network adjunct is coupled to the network 
database through the telecommunications network. 

13. A method as defined in claim 1, further comprising 
the step of: a 

updating one or more parameters of the net- 
work service. 

14. A method as defined in claim 1 3, further comprising 
the step of: y 

transferring updates from the network service 
to the terminal device. 

15. A system for use in a telecommunications network 
comprising: a switch; ' 25 

a terminal device coupled to the switch which 
can make a call to the switch; 
a first set of data stored within the terminal de- 
vice characterizing the terminal device and an 30 
acoustic environment; and 
a speech recognizer coupled to the switch 
which is accessed by the switch and receives 
the first set of data from the switch upon con- 
nection of the call to the switch. 
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device characterizing a dialect of a local population. 

20. A system as defined in claim 15, further comprising: 

a network database coupled to the switch and 
to the speech recognizer. 

21. A system as defined in claim 20, wherein: 

the terminal device transfers ANI to the switch 
upon connection of the call to the switch; and 
the network database stores the first set of data 
in association with the ANI. 

22. A system as defined in claim 21 , wherein: 

the speech recognizer queries the network 
database in response to the call. 

23. A system as defined in claim 15, wherein; 

the terminal device is coupled to the switch by 
a wireline connection. 

24. A system as defined in claim 15, wherein: 

the terminal device is coupled to the switch by 
a wire/ess connection. 
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16. A system as defined in claim 15, wherein: 

the terminal device determines the first set of 

data. 

17. A system as defined in claim 15, wherein the termi- 
nal device comprises: 

a telephone handset which includes a micro- 
phone, 

a measurement processor coupled to the tele- 
phone handset which measures a transler 
function of the microphone, and 
a memory coupled to the measurement proc- 
essor for storing data. 50 

1 8. A system as defined in claim 1 7, further comprising- 

a second set of data stored within the terminal 
device characterizing a spoken accent of a local 
population. 55 

1 9. A system as defined in claim 1 7, f u rther comprising- 

a second set of data stored within the terminal ' 
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